I. INTRODUCTION
The modern voice telephone network is found in most parts of the world and provides a fixed bandwidth of 300 -3400 Hz. The bandwidth is limited by filters in both frequency division multiplexed (FDM) systems and pulse code modulation (PCM) systems. A circuit or channel in the telephone network may carry a voice signal or a data signal from a voiceband modem. Present technology allows voice communication or data communication but not both at the same time on one channel. This paper describes two services which require simultaneous voice and data transmission and then investigates methods of providing combined voice and data transmission.
IT. APPLICATIONS
One combined voice and data application for the access network is Calling Number Delivery. Current services send a 1200 b/s phase shift keying (PSK) data stream in-between the first and second ring of the telephone. The information is demodulated to provide the calling number and name. Call Waiting is another service provided by the telco operators. When a second call is trying to be completed to a number which is already in use, the destination's current IEEE WESCANEX '95 PROCEEDINGS Data phone call will be temporarily suspended and a short "beep" will be sent by the central office equipment to h e destination's phone set. The current call will then resume. The user then has the option of switching between the current caller and the new incorning call by flashing the hook switch. In-band data would allow the combination of Call Waiting and Calling Number Delivery so that the new caller's name and number would be available to the receiving user whle the initial conversation is in progress.
Multimedia services also provide an application for simultaneous voice and data transmission. The simple addition of text traffic right up to full scale graphics provide many opportunities for service expansion. An example is the touch sensitive drawing system manufactures by Smart Technologies of Calgary, Alberta. With the help of software, the board acts as a kind of "easel" with full color drawing capabilities. The board converts the information on the screen into a data stream. Modems which use Bell 202 1200 b/s half-duplex format carry the information to multiple sites across the phone network. At the other ends, the information is decoded and a replica of the transmitting board's information is reproduced at the other sites.
The current system requires one telephone line for voice and a second line for the digital information (modem). The second line can be replaced by an Internet connection. However, the time delays associated with the Internet are often unacceptable for conference communications.
Combining the voice and data signals on one telephone line would result in cost savings and would be much more convenient and portable. Whereas one phone line is available to most locations, a second line may be difficult or expensive to install, particularly for one time events.
IEEE CAT. NO. 95CH3581-6/0-7803-2741-1/95/$3.00 0 1995 IEEE 111. IMPLEMENTATION Three methods of implementation for voice and inband data are considered. The first method involves digitized voice compression and modems to carry the data stream. The second involves transmission of data in wavelet packets by adaptively finding unused frequencies. The third method involves removing a set bandwidth from the voice signal and replacing it with a data signal from a modem.
Method 1
The first method uses digital voice coding such as adaptive DPCM. The voice information can be sent digitally down the phone line through the use of high speed modems. Modern data modems allow transmission in excess of 19.2 kbls.
Two possible implementations exist for this approach. First, the data and voice signal could by multiplexed together using time division multiplexing and then sent using a high speed modem. Alternatively, the compressed voice could be sent in the lower frequency band using one modem, while the data could be sent in the upper frequency band using another modem. The signals would be summed together and sent down the telephone line. Figure 1 shows how the data and voice could take up separate frequency bands.
Fig. 1 Voice and Data frequency division multiplexing
A commercial unit [2] is available which transmits a compressed voice signal of 7.2 kbps and a digital signal of 2.4 -9.6 kbps.
By adaptively deciding how many bits are needed to represent the voice signal, more bandwidth could be used for data when relatively few bits are needed for the voice. Times of little or no talking allow for higher data rates. Ideally, when no voice is detected, the data may use the entire bandwidth.
The drawback of this concept is that a very fast DSP microprocessor chip is necessary to implement the needed voice coding and modem functions. The alternative is to purchase a high speed modem to accompany a voice processor chip. This would increase the price of the system. The high cost of this technique prevents it from becoming a viable solution for mass market use.
Method 2
The wavelets, Daubechies' wavelet in particular, are used in communication and signal processing applications. Subband coding using such wavelet functions can be implemented in simultaneous transmission of voice and inband data. The wavelet transform of a function f(t) at a particular scale a is given by the following convolution, where
In the discrete case of Daubechies' wavelets, a mother wavelet @ ( t ) which satisfies
The original wave function f(t) is reconstructed as ,2N-I k=O is used to calculate the wavelet transform
When a given wave function f(t) is given, obtaining the wavelet transform is done by calculating c:, which represents the usage of a subband j during a certain time interval set around k . The mother function for Daubechies' wavelets is a chirp signal confined in a bellshaped envelope. Since wavelets occupy a short time duration, we can continuously monitor whch subbands are used by voice and insert data signals into wavelets not used by the voice signal. The result of a wavelet transform applied to a human voice signal is shown in Figure 2 . The raised areas indicate heavy use of the subbands, while flat black areas indicate open space that could be used for data transmission. N=64 is used in this wavelet transform so that the total number of scaled wavelets is 128.
Generally speakmg, a smallerj corresponds to a lower frequency. It is therefore apparent that subbands available for transmission are located at higher frequencies.
The computations must be carried out continuously in order to keep track of available subbands, because the spectrum of the voice signal is varying from time to time. Although a fast algorithm has been developed for Daubechies' wavelet transform, the computational burden is significant. In addition to the wavelet transform computations, handshaking or synchronization needs to be considered so that a receiving end can properly extract the data and mask it from the voice signal. It appears that this approach would suffer from a possible time delay and a cost unsuitable for mass market applications such as the telephone. 
Method 3
The third method involves removing part of the voice frequency band. Initial subjective testing has shown that removing part of the bandwidth around the middle of the frequency range of a normal talking voice does not significantly reduce the quality of the voice signal. The human vocal track can be approximated by an odd harmonic generator. It is assumed that a normal voice has a higher third harmonic content than second harmonic content and that removing part of the voice around the second harmonic does not reduce the voice quality significantly. The result is that medium speed data can be transmitted in the frequency range not used for the voice signal. The center frequency of the data signal could be fixed or it might be adapted based on the fundamental pitch of the voice signal. To illustrate the uneven distribution of spectral power of the human voice, a Fourier Transform of a voice signal was calculated. By dividing the signal up into 1024 byte segments, a 256-point Fast Fourier Transform was performed on each segment. By plotting them on a three dimensional graph, the frequency components can be seen as a function of time.
Our ear is not equally sensitive to all frequencies and is unable to hear very low and very high frequencies. A weighting curve for ear sensitivity has been obtained by combining the telephone set frequency response with the low level frequency response of the human ear. Figure 3 shows the bandpass filter response of the C-weighting function which is used in the telephone industry to weight low level noise. Finding the optimum center frequency and bandwidth of the filter to use was done with the use of subjective testing. Female and male voices were recorded using 22 kHz 8 bit sampling. Different center frequencies and bandwidths were used to filter the voices and the resulting waveforms were recorded. Early testing has indicated that the position of the filter in the spectrum can make a considerable difference in the intelligibility of the voice signal. It has been found that leaving part of the upper frequencies intact helps make the resulting signal more understandable. By sliding the filter up and down the frequency band, one's ease of understanding will change. The goal is to present a usable audio signal to the user which will meet minimum acceptability standards. Of course, the measurements are totally qualitative and are difficult to quantize. However, by taking a wide range of "opinions" on the quality of service, some guidelines can be drawn. Several volunteers were asked to give their options on the quality of the voice on a scale of one to five, with five being excellent quality, and one being very poor quality. The results are noted in figure 7.
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Fig. 5 Filtered Spectral Components
A simplified block diagram of the system to implement method 3 is given in figure 6 . The voice is initially filtered and combined with a Method 3 allows for an inexpensive solution. The operations necessary include a FIR filter of approximate length 100 and a method to implement the modem function. This could be a table look-up to keep the number of computations low.
An adaptive model could also be implemented. By watching the signal for periods of inactivity, the bandwidth of the filters could change. As the voice activity ceases, the bandwidth of the data signal could be made wider to allow for a faster data rate.
IV. DISCUSSION
All methods provide us with a way to send simultaneous voice and data communications down the same telephone line. Method three provides the simplest solution while method two provides the highest data bandwidth. Due to the additional constraint of producing an inexpensive, yet reliable solution to the problem, work will be focused on Method 3. 
